INTRODUCTION

A. Overview
In an earlier paper (Perrott and Saberi, 1990), we reported the results of an experiment in which minimum audible angles (MAAs) were obtained for sources whose position could vary along horizontal, vertical, or oblique orientations in the frontal plane. MAAs of approximately 1 ø were observed for sources displaced along the horizontal orientation and 3.6 ø for sources displaced vertically. Results of these two conditions were well in line with previous experiments of this type (on the vertical: Wettschureck, 1973 That subjects could utilize extremely small vertical and horizontal components when these components were concurrently present suggests that these cues must somehow be combined within the auditory system. Subsequent experiments at our laboratory have demonstrated that performance along oblique planes substantially deteriorates under monaural conditions. The latter observation suggests that oblique localization occurs within the binaural system or that binaural cues at least play a significant role. (Mills, 1958 ) . The entire literature on MAMAs, however, has been centered on sound sources moving on the horizontal plane (lateral displacement of the source). Given the obvious opportunity to encounter events along various planes in the real world, and that not a single study has explored resolution of moving sound sources along vertical or oblique planes we thought that these other conditions merited consideration.
Various paradigms have been employed in the study of sound sources in motion. They include both real and simulated moving sources. While real motion is in most cases preferable, simulated motion is a practical alternative because of the difficulty of moving a sound source without adding extraneous noise. In addition, one can imagine the experimental constraints and difficulties of physically moving a sound source at broad ranges of velocities and along various orientations. Acoustic simulation of motion has typically involved the dynamic reproduction of interaural differences that result 1¾om the actual movement of sound sources. The techniques vary somewhat but have generally involved either increasing or decreasing the interaural differences of time (IDT) or intensity ( IDI ) for successive dichotic transients presented via earphones in a lateralization simulation of motion (Altman and Viskov, 1977) or the concurrent changing of the intensity of two loudspeakers in the free-field using inverse time-intensity ramps for each loudspeaker. This latter technique involves the fading off of one speaker while fading on a second speaker (Grantham, 1986) . Sustained motion in the free field is simulated by continuing this process for several successive loudspeakers. Steady-state acoustic motion, however, is not typical of our experience of most naturally moving sound sources. While sustained vocalization may occur when an organism is in motion, the most common class of naturally occurring "moving sounds" involves abrupt or discontinuous sounds generated by locomotor activity. Such sounds are characterized by broad bandwidth transients (i.e., the breaking of twigs and the rustle of fallen leaves produced as an organism moves across the ground). While we do not argue with the adequacy of paradigms of steady-state simulated or real motion, we have, in the present study opted to employ transient auditory events presented sequentially from a distributed array of sources.
I. METHOD
A. Subjects
Three subjects including the authors participated in this experiment. All three were experienced in psychoacoustical experiments and two of them had participated in the MAA experiment previously described (Perrott and Saberi, 1990). Two had normal hearing based on self-report. Subject DP reported high-frequency hearing loss above 10 kHz.
B. Apparatus
The stimulus consisted of dc pulses ( 100/•m in duration). Measurements at the output of the speakers [i.e., using a sound level meter (GenRad) and a dual channel storage oscilloscope (Tektronix)] indicated that the acoustic signal was a 1.8-ms broad bandwidth pulse. Signals were presented through thirty 5.7-cm midrange loudspeakers (Quam) moun ted on a custom-built boom system that could be rotated through a 90* arc. This boom mounted speaker array was located in a large test chamber (9.1X 12.2X2.1 m). All surfaces of this chamber (including floor and ceiling) had been covered with 10.2-cm acoustic foam wedges (@ Sonex) to minimize sound reflections. Measurements indicated that the chamber had excellent attenuation of reflections down to 500 Hz. Signal intensity measured at the position of the subject's head was 48 dB (A-weighted). All aspects of the experiment were under the control era microprocessor.
C. Procedure
The subject was seated 716 cm from the speaker array. Head position was fixed during testing by a chin clamp. At the beginning of each trial, one of the ten speakers located in the middle of the array was selected as the starting point from which a single click was emitted. This was followed by clicks from successive speakers in one direction to simulate motion in that direction (either left or right for horizontal and up or down for the vertical condition). The position of the initial speaker on each trial was varied among the center ten speakers to reduce potential spectral cues from unique impulse responses of the speakers. The interpulse interval (IPI) was set at a previously selected value corresponding to a specific velocity. Feedback was presented immediately if the subject correctly identified the direction of travel of the sound on that trial. On the next trial, the starting point was again randomly selected from one of ten centrally located loudspeakers on that array. In effect, the location of the starting point was varied randomly from trial to trial. With the boom in the horizontal orientation, the minimum angular separation between adjacent speakers (center to center) This model (Green, 1989) predicts the data fairly well for most slopes, with the exception of the 70•87 ø orienta-tiens. In the latter situations, the model systematically predicts larger thresholds than were actually observed.
An alternative explanation, however, is that IDTs and IDIs might interact with binaural spectral differences. For example, interaural differences in sound spectrum due to variations in elevation could result in binaural variations in signal level (probably at specific frequency regions) which might greatly exceed the nominal effect due to the head shadow alone (Butler, 1975) In summary, the results of the current study suggest that auditory organization of spatial acuity for sound sources moving in the frontal plane is largely independent of the sound source trajectory, with the exception of sound sources traveling along the vertical orientation, and that this function holds with little fluctuation for velocities of at least up to 230ø/s. Finally, a constant elevation in thresholds across orientations is observed as the velocity is increased or decreased beyond an optimum velocity.
•The data were collected for the regions between 0' to 90 ø and 180' to 270ø; thus, the polar plot assumes that the two unmeasured polar quadrants (90'-180' and 270'-360') are the mirror images of the first two. 2We should note that the speaker array in the MAA experiment was set at a fixed slope during an entire run; thus, subjects were well aware of it's orientation. In effect, the source was to the right and down or to the left and up relative to the referent; the vertical-horizontal dimensions were correlated. Currently, we are collecting data under conditions where the orientation era loudspeaker is randomized within the same run in one of the four quadrants in a Cartesian coordinate system. 31t should be noted that most natural velocities encountered are in the region where we have observed steady performance (about 140/s or less). For instance, the sound associated with an animal in motion at a velocity of 25 km/h at a distance of 30 m travels at a rate of about 13ø/s. 'This, as stated earlier, is probably due to the fact that, when a sound source is traveling along an absolute vertical orientation at a set velocity, it takes it longer to be displaced a noticeable distance than if the same sound was traveling with the same velocity along any other orientation. Similar results have been obtained in the visual modality. That is, very slow movements are difficult to detect (Orban et at, 1985) . In that literature, as in our results, probably different factors are responsible for the upper and lower limits of motion detection.
•That we have observed an optimal velocity region for resolution of sound sources in motion could have similar implications for the study of static source resolution. While the upper temporal limits between two sources in a MAA task has been previously studied (Perrott and Paeheco, 1989) , the lower limits have not been explored. There is no compelling reason to believe that as the interval between the presentation of two sounds in an MAA task is increased, performance would remain intact. In fact, our experiments (as reported in this paper) have demonstrated that MAAs do increase as the time required between the presentation of the two sources is increased. This would mean that there is also an optimum temporal separation for sources in MAA experiments.
